Abstract -To protect digital subscriber loop (DSL) systems against impulse noise (IN), interleaving combined with ReedSolomon (RS) coding has been used. Nevertheless, interleaving introduces a long delay. This paper considers retransmission instead of interleaving to reduce such delay and proposes an approach using the available RS decoding failure status to trigger retransmission request. Retransmission probability, average delay and bit error rate (BER) are derived and validated by simulation. Illustrative results show that retransmission can offer a much shorter delay than interleaving while efficiently avoiding transmission errors in various channel conditions.
INTRODUCTION
Reed-Solomon (RS) coding combined with interleaving has been used to correct transmission errors caused by impulse noise (IN) in existing DSL standards [1] [2] . However, long interleaving/deinterleaving is required to achieve good performance and hence increases transmission latency [3] . A DSL system with a combination of RS coding and interleaving requires an interleaving/deinterleaving depth of 8ms to achieve impulse noise protection (INP) of two DMT symbols [4] , and such a long delay can be an annoying factor for some applications such as live video transmission.
Retransmission techniques have been considered to replace interleaving to reduce transmission latency [5] [6] . Different from [5] where the CRC checking result is used as a retransmission criterion and [6] where retransmission is performed at the application layer, this paper proposes to make use of the available decoding failure status of the RS decoder to detect errors caused by IN for retransmission request at the physical layer. When the number of errors in a received codeword exceeds the correction capability of the RS code, it often causes decoding failure status that can trigger the receiver to send the retransmission request through a feedback channel. Compared to [5] where adding CRC bits into transmitted DMT symbols results in bandwidth loss, this proposed approach to use the existing RS decoding combined with retransmission can efficiently reduce transmission latency without loss of transmission bandwidth.
In this paper, we analyze the retransmission probability of and average delay caused by retransmission for DSL system and show that the proposed retransmission scheme can offer an average retransmission delay of less than 0.03ms, and a maximum round trip delay of 0.75ms.
The remainder of the paper is structured as follows. System modeling is discussed in Section II. Section III presents the proposed retransmission scheme. Derivations of the probability of retransmission, the average delay, and the BER are presented in Section IV. Analytical and simulation results are shown in Section V. The paper is concluded in Section VI.
II.
SYSTEM MODELING Figure 1 shows the block diagram of a typical DSL system employing retransmission technique. At the transmitter, information bit sequence is first RSencoded to generate coded bits which are then DMTmodulated. The resulting DMT symbols are passed through the channel and corrupted by both IN and AWGN.
In this paper, we consider two IN models: BernoulliGaussian [8] and Repetitive IN (REIN) [7] . The BernoulliGaussian IN is a product of a Bernoulli process and a Gaussian process as follows [8] :
where b k (=0 or 1) is a Bernoulli process with Pr{b k =1}=p, and g k is a white Gaussian noise with mean zero and variance σ i 2 .
REIN can also be represented by (1) but b k (=0 or 1) is a periodic (or repetitive) sequence with b k =1 during qT followed by b k =0 during (1-q)T in each period T where 0≤q≤1 is the occupation rate, e.g., the REIN model suggested for IN testing North America Annex A, Profile 8a-17a uses T=1/120Hz and q=0.03 (or qT=250μs) [7] .
In Figure 1 , a transmit (Tx) buffer stores transmitted DMT symbols that can be resent upon request from the receiver. The transmitter sends new DMT symbols continuously until it receives retransmission request (NAK) from the receiver.
Then the requested DMT symbol is taken out of the Tx buffer and re-transmitted over the DSL channel.
In the DMT modulator, the input data is first mapped to M-QAM symbols and then the inverse discrete Fourier transform (IDFT) is applied to each block of N M-QAM symbols, A m , m=0, 1, …, N-1, to convert them into N corresponding timedomain samples s k , k=0, 1, …, N-1
Each block of N time-domain samples, s k , k=0, 1, …, N-1 forms one DMT symbol and N is the IDFT size.
The k th time-domain sample at the receiver (k = 0, 1, …, N-1) can be represented as
where At the receiver, the received time-domain samples in the DMT symbol are converted back to frequency-domain samples using discrete Fourier transform (DFT) as [6] 
where C k is the channel frequency response on k th tone and
From (4) and (6), it is seen that even if one time-domain IN sample i k appears during one DMT symbol duration, the errors on consecutive tones (i.e., error burst) may occur since DFT distributes the high IN power over the whole DMT symbol.
The received sample R k at the output of DFT is demodulated (i.e., mapped to the nearest M-QAM symbol) and then the resulting data is passed to the RS decoder to recover the transmitted information. The recovered information is not passed to the upper layer right away but stored in the receive (Rx) buffer for further checking as shown in Fig.1 . If a recovered DMT symbol is detected as being in error, the receiver will send a retransmission request for this DMT symbol to the transmitter through the feedback channel which is assumed to be error-free in this paper. It is obvious that in order to implement the retransmission technique in DSL systems, buffers are required at the physical layer in both the transmitter and receiver to store copies of DMT symbols. Selected buffer size limits the maximum allowable number of retransmissions.
In the presence of only AWGN, target SNR margin (TARSNRM) is provided to ensure that DSL systems operate at a very low BER [9] . However, IN has much higher power than AWGN. For example, in DSL standards [1] , the REIN with PSD of -116dBm/Hz is 24dB higher than AWGN with PSD of -140dBm/Hz. As a result, a typical TARSNRMs of 6dB and 9dB [9] is not sufficient to protect DSL systems against IN and IN becomes one of the major causes of performance degradation.
III. PROPOSED RETRANSMISSION SCHEME
We propose to use the available RS decoding failure status to trigger the retransmission request as follows.
The error correction capability of the (N RS , K RS ) RS code is t = ⌊(d-1)/2⌋ where ⌊.⌋ denotes the floor operator and d=N RS -K RS +1 is the minimum distance. Once the number of errors exceeds the correction capability, there are two other possibilities: either the decoder fails to find any valid codeword, which indicates decoding failure, or it finds a valid codeword different from the transmitted one, causing decoding error [11] . In the case of decoding failure, this decoding status can be used to trigger a retransmission request.
As data is transmitted in units of DMT symbols where each DMT symbol consists of Q RS codewords, the retransmission request for a whole DMT symbol is issued when one or more RS codewords in this DMT symbol are detected as decoding failure. Therefore, a missed error detection occurs (and hence retransmission is not made) only when, in this DMT symbol, there are one or more decoded codewords but no decoded codewords indicating decoding failure. In this case, the DMT symbol is wrongly decoded. As will be shown in the following sections, this probability of wrongly decoded DMT symbol is nearly zero.
The additional delay produced by retransmission is calculated by the number of retransmissions (denoted as v-1 for a DMT symbol which is transmitted v times) with a retransmission time of T = 2T DMT +T p where T DMT is the duration of one DMT symbol (i.e., 250μs in xDSL) and T p is the propagation delay (e.g., 2.5Ps for a DSL cable length of 500m). Let P v be the probability of the v (re)transmission times for a DMT symbol. The average additional delay due to retransmission is given as:
where the maximum allowable number of retransmissions, v max , is limited by the buffer size.
IV. PERFORMANCE ANALYSIS
In this section, we derive the error decoding probability, the retransmission probability, the average additional delay due to retransmission, and the BER with/without retransmission. We choose Bernoulli-Gaussian IN model for convenience.
The symbol error rate for each M k -QAM symbol is ) where h k is the number of bits of B i,l,u carried by tone k (i.e., belonging to M-QAM symbol s i,l,k ). The probability of byte error conditioned on ‫ܯ‬ ,ூே , ܲ |ெ ,ಿ , is derived by taking the average of ܲ ,,ೠ หெ ,ಿ over all the bytes u and RS-codewords l in the i th DMT symbol. As shown in (9), for a frequencyselective DSL channel, different tones can use different M-QAM sizes depending on their SNR's and hence can have different symbol error rates ܲ ௦ ,,ೖ หெ ,ಿ . As a result, averaging ܲ ,,ೠ หெ ,ಿ over all the bytes u and RS-codewords l is complicated. As an approximation, we can consider the average of the tone SNR's, and use it to determine the corresponding M-QAM size M and symbol error rate ܲ ௦ |ெ ,ಿ so that, from (9), the probability of byte error conditioned on
. This is equivalent to the case of a frequency-flat channel response.
As described in Section III, the codeword after the decoder have three possibilities: (i) successful (or correct) decoding with probability ܲ |ெ ,ಿ , (ii) decoding failure with probability ܲ ி |ெ ,ಿ , and (iii) decoding error with probability ܲ ா |ெ ,ಿ [10] where
The codeword successful decoding probability is:
Consider an (N RS , K RS ) code is shortened from an original (n,k) RS-code defined over the GF(q) (i.e., N RS ≤ n, K RS ≤k and N RS -K RS =n-k). Let D u denote the number of decodable words (i.e., words within distance t from a valid codeword) of weight u. A simplified weight enumerator was derived in [11] to compute D u as follows: A decoding error occurs when an error pattern has weight u≥d-t, and falls into the decodable area of another codeword. Given that an error pattern of weight u occurs, the conditional decoding error probability P E (u) is [11] :
Let q u denote the probability that an error pattern has weight u. The error decoding probability conditioned on ‫ܯ‬ ,ூே would be [12] :
where
. It follows that the error decoding probability is
As retransmission is invoked whenever there are one or more decoding failures, the probability of retransmission ܲ |ெ ,ಿ can be expressed as:
As discussed in the last section, there is some chance that the DMT symbol is wrongly decoded. It happens when a DMT symbol contains no decoded codewords with decoding failure but has q e >0 codewords wrongly decoded. In other words, the probability that the DMT symbol is wrongly decoded can be presented as:
where P Mi,IN represents the probability that one DMT symbol would be affected by M i,IN time-domain IN samples:
We can calculate the probability that one DMT symbol does or does not need retransmission, respectively, as:
The probability that one DMT symbol requires v (re)transmission times is given by:
The number of erroneous bytes after decoding in the i th DMT symbol conditioned on M i,IN :
The conditional probability of byte error for the i th DMT after decoding is:
The conditional probability of bit error in the i th DMT after decoding is:
The average probability of bit error in the i th DMT after decoding is:
V. ILLUSTRATIVE RESULTS AND DISCUSSIONS The parameters under consideration are summarized in Table 1 . The Bernoulli-Gaussian IN is set up with an occupation rate q=0.03 and IN power spectral density (PSD) in the range from − 105dBm/Hz to -30dBm/Hz. For a frequency-flat channel response and 256-QAM, the probability of byte error conditioned on ‫ܯ‬ ,ூே , is ܲ |ெ ,ಿ ≈ ܲ ௦ |ெ ,ಿ . Figure 2 shows the results on the decoding error probability (ܲ ா ) and the probability of wrongly decoded DMT symbol ( ܲ ா ವಾ ) versus IN PSD. Analytical results are obtained using (15) and (17) for ܲ ா and ܲ ா ವಾ , respectively. For the selected parameter values, the decoding error probability is around 5×10 -7 while the probability of wrongly decoded DMT symbol is lower than 2×10
-58 for PSD of IN higher than − 85dBm/Hz. For lower IN strength, this probability is dramatically reduced to near zero. Simulation results for ܲ ா are in good agreement with analytical results. As the range of ܲ ா ವಾ is very small, it is impossible to obtain simulation results for ܲ ா ವಾ due to the requirement of impractically huge number of simulation events. The nearly zero value of ܲ ா ವಾ for the entire range of IN PSD confirms the extremely high reliability of the proposed scheme using available RS decoding failure status in a DMT symbol to trigger the retransmission request. At low IN occupation rate (q=0.03), the average delay is mainly affected by the one-time retransmission possibility as shown in Figure 3 . When IN is not strong with a PSD in the range from -105 to -95dBm/Hz, RS decoder can correct most of the affected symbols; and hence, no retransmission is needed, corresponding to zero delay. When IN PSD increases to higher than -90dBm/Hz, about 1.2% of DMT symbols require one-time retransmission, yielding an average delay of about 0.006ms. When IN PSD is about -80dBm/Hz or higher, around 2.8% of the DMT symbols are corrupted and require one-time retransmission. This corresponds to an average Results in Figure 4 shows that without retransmission, the achieved BER (ܲ ௧, ) is as high as 3×10 -2 in the presence of IN. With retransmission, the BER ( ܲ ௧, ܲ ௩ ) is quickly reduced to less than 10 -4 and 10 -9 for a maximum allowable number of retransmissions of 1 and 3, respectively. We also obtained simulation results for a DSL system (as shown in Fig. 1 ) with a real channel measured from the 500m 25pair 26AWG cable bundle [13] and REIN with T=1/120Hz and qT=250μs [7] . Bit loading for all the tones is performed with TARSNRM of 9dB, target BER of 10 -7 , transmitted signal PSD of -60dBm/Hz, and AWGN PSD of -140dBm/Hz. As previously discussed, the effect of AWGN is negligible for these settings. However, when REIN PSD is -116dBm/Hz or higher, the provided TARSNRM is not sufficiently large to cope with such a high IN power. Table 2 summarizes the simulation results without and with retransmission technique in the presence or absence of IN. The simulation runs for a total of 2×10 7 bits. Without IN, the obtained BER of the system is zero, which indicates a BER lower than 10 -7 . When REIN stronger than -116dBm/Hz is present, the obtained BER of the system without retransmission technique is 0.0039 or higher. With retransmission, the obtained BER is 0 for all REIN strengths under consideration. Table 2 also shows the results of the average delay (with a buffer size of 16 DMT-symbols). Note that, in a DSL system, the combination of RS coding and interleaving usually requires a delay of 8ms to meet INP = 2 [4] . In the same condition of INP = 2, as shown in Table 2 , the retransmission provides the average delay of 0.0281, 0.0289, and 0.029ms for the REIN PSD of -116, -100 and -90dBm/Hz, respectively. Also, for all REIN strengths under consideration, the system has a maximum retransmission delay of 0.5ms (since the REIN under investigation has a duration of 250Ps, corrupting at most two consecutive DMT symbols and causing at most one retransmission for each corrupted DMT symbol). Therefore, the maximum round-trip delay is about 0.75ms. In other words, the proposed retransmission technique considerably reduces the delay as compared to the conventional method using the combination of RS coding and interleaving/deinterleaving.
VI. CONCLUSION
This paper proposes the use of RS decoding failure status to detect the presence of impulse noise in a given DMT symbol for retransmission request. We derive the probability of retransmission, average delay and the BER for flat fading channel and Bernoulli-Gaussian IN model. It is found that analytical results are comparable with simulation ones. Simulation results for frequency-selective fading channel based on measured DSL cable bundle and REIN are also obtained and show that the proposed retransmission technique can achieve a considerably short average delay of less than 0.029ms and a maximum round-trip delay of 0.75ms. 
